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[57] ABSTRACT 

An input acoustic signal is subjected to modified discrete 
cosine transform processing to obtain its spectrum charac- 
teristics. Linear prediction coefficients are derived from the 
input acoustic signal in a linear prediction coding analysis 
part, and the prediction coefficients are subjected to Fourier 
transform in a spectrum envelope calculation part to obtain 
the envelope of the spectrum characteristics of the input 
acoustic signal. In a normalization part the spectrum char- 
acteristics are normalized by the envelope thereof to obtain 
residual coefficients. Another normalization part normalizes 
the residual coefficients by a residual-coefficients envelope 
predicted in a residual-coefficients envelope calculation part, 
thereby obtaining fine structure coefficients, which are 
vector-quantized in a quantization part A de^nonnalization 
part de-normalizes the quantized fine structure coefficients. 
The residual-coefficients envelope calculation part uses the 
reproduced residual coefficients to predict the envelope of 
residual coefficients of the subsequent frame. 
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ACOUSTIC SIGNAL TRANSFORM CODING A higher efficiency envelope flattening method is one that 

METHOD AND DECODING METHOD utilizes linear prediction analysis technology. As is well- 

HAVING A HIGH EFFICIENCY ENVELOPE known in the art, linear prediction coefficients represent the 

FLATTENING METHOD THEREIN impulse response of a linear prediction filter (referred to as 

5 an inverse filter) which operates in such a manner as to 

BACKGROUND OF THE INVENTION flatten the frequency characteristics of the input signal 

M _ thereto. With this method, as shown in FIG. 2, a digital 

The present invention relates to a method which trans- signal provided at the Input terminal U is linearly 

forms an acoustic signal, in particular, an audio signal such predicted in a linear prediction analysis/prediction coeffi- 

as a musical signal or speech signal, to coefficients in the lQ quantization part 7, then the resulting linear prediction 

frequency domain and encodes them with the mimmiim coefitontscto,. Op arc set as filter c 

amount of information, and a method for decoding such a prediction analysis fitter, Le. what is called an inverse filter 

coded acoustic signal. g which is driven by the input signal from the terminal II 

Atpresentthereisrsopc^abighenlciency audio signal to obtain a residual signal of a flattened envelope. The 

coding scheme according to which original audio signal is i5 residual signal is transformed by the time-to-frequency 

segmented into frames each of a fixed duration ranging from transform (e.g. discrete cosine transform: DCT) part 2 into 

5 to 50 ms, coefficients in the frequency domain (sample rrequency-domain coefficients, that is, residual coefficients, 

values at respective points on the frequency axis) which are quantized in the residual quantization part 6. The 

(hereinafter referred to as rrequencvHlomain coefficients) index I* indicating this quantization and an index L indi- 

obtained by subjecting the signal of each frame to a time- 20 g^ng the quantization of the linear prediction coefficients 

to-frequency transformation (for example, a Fourier are both seat to the decoder. This scheme is used in the 

transform) are separated into two pieces of information such TCWVQ method. 

as the envelope (die spectrum envelope) of the frequency Any of the above-mentioned methods do no more than 
characteristics of the signal and residual coefficients ncrm aiize the general envelope of the frequency character- 
obtained by flattening the rrequency-domain coeffi c ien ts 25 laics and do not permit efficient suppr^on of such rnicro- 
wim the spectrum envelope, and me two pieces cfmfbrma- scopic roughness of the frequency characteristics as pitch 
tfion are coded- The coding methods mat utilize such a C( ~ )OQasSa that are contained in audio signals. Ihis con- 
scheme are an ASPEC (Adaptive Spectral Perceptual st£tutz=s ^ obstacle to the compression of the amount of 
Entropy Coding) method, a TCWVQ (Ixansfbrm Coding information involved when coding musical or audio signals 
with Weighted Vector (>iaiitization)meth<>daiidanMI^ 30 which contain high-intensity pitch components. 

™* ^I*«Hction *-*ysis * Scribed in Rabiner, 
Brandenburg, J. Hare, J. D. Johnston A ASPEC. Processing of Speech Signals," Chap. 8 (Prcntice- 

Kran^^ 35 

^^ 196 _ 19 o, and ISCVIEC Standard B-lllTW. £ ^l^tlUT^ 
respectively. 

With these coding methods, it is desirable, for high SUMMARY OF THE INVENTION 

efficiency coding, mat the residual coefficients have as flat .„ 

an eirvelopeTW^ To meet this requirement, the 40 An object of Ihe jn^sentmveiniou » to, prov^e an 

ASPEC^d the W^Audio Layer m method split the sfcnal b^rform coding method wMch perrmto 

frequeiK^-doiiiain coefficients into a riurality of subbands cfBdent coding of an input acoustic signal with a small 

andiKmn^Xsignalmeach subbandby dividing it with of * ^^^^ ™' 

a value called a scaWng factor represent theln^nsity of tamed in resriual coeffiaenti » which ^obtained bynor ; 

mebai«LAsshc^Rai,Tdigh^ m^^Jr^utncy ^^ristics »^ 

signal from an h^tteniu^ to «* » m« fa 

to-frequency transform part (Modified Discrete Cosine acousac sa « naL 

Transform: MDCT) 2 into frequency-domain coefficients, The acoustic signal coding method according to the 

which are divided by a division part 3 into a plurality of present Inventton, which tri^ 

subbands. The subband coefficients are each applied to one 50 into frequency-^tomain coefficients and encodes them, com- 

af scaling factor calculation/quantization parts prises: a step (a) wherein residual coefficients having a 

wherein a scaling factor representing the intensity of the flattened envelope of the frequency characteristics of me 

band, such as an average « maxiimim value cf me signal is in P ut acoustic signal are obtained on a frames-frame 

calculated and then quantized; thus, the envelope of the basis; a step (b) wherein the envelope of the residual 

trequency-dornaincnem^entsis 55 coefficients of the current frame obtained in the step (a) is 

same tor, the subband rerflirinrtg at* pmy»H«t to rmr predicted on the basis of the residual coefficients of the 

of nomiaKzation parts 5 t -5 m wherein it is normalized by the current or past frame to generate a predicted residual coef- 

quantized scaling factor of the subband concerned to sub- Sclents envelope (hereinafter referred to as a predicted 

band residual coefficients. These subband residual coeffi- residual envelope); a step (c) wherein the residual coeffi- 

dents are prcvib^ to a residual qiiantizatk>n part 6\ wherein 60 cients of the current frame, obtained in the step (a), are 

they are corntaned, thereafter being quantized. That is, the normalized by the predicted residual envelope obtained in 

frequency-domain coefficients obtained in the time-to- the step (b) to produce fine structure coefficients; and a step 
frequency transform part 2 become residual coefficients of a (d) wherein the fine structure coefficients are quantized and 

flattened envelope, which are quantized. An index I* indi- indexes representing the quantized fine structure coefficients 
eating the quantization of the residual coefficients and 65 are provided as part of the acoustic signal coded output 

indexes indicating the quantization of the scaling factors are The residual coefficients in the step (a) can be obtained by 

bom provided to a decoder transforming the input acoustic signal to frequency-domain 
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coefficients and then flattening the envelope of the frequency - In the above decoding method, tl^ readiial-wmcieiits' 

characteristics of the input acoustic signal, or by flattening envelope may be produced by linearly combining the quan- 

the envelope of me frequency characteristics of the input tizod spectrum envelopes of the current and past frames 

acoustic signal in toe tmieoVmiam and then tr^ obtained by decoding indexes sent from the coding side, 

input signal to frcquency^domain coefficients. 3 Alternatively, the above-said raid^-coefficients envelope 

To produce the predicted residual envelope in the step (b), mav a!*n nrtvhicM hv lin^Hv <v wihinW tkr. r^riAiai- 

the quantized fine structure coeffidents are inversely nor- coefficients envelope of toe part' frame aiidWquantized 

ma^toprc^re^ cnvdopc ^ decoding an index sent from the 

srjectrumeoveJopeef toereproc^^ caiing side, 

derived therefrom and a predicted envelope tor residual 1A 

cc^rficitsntsof the next frame b synthesized^n the basis of In general, toe residual coefficients which are provided by 

toe spectrum envelope m»mfrnrd above. normalizing the frequency-domain coefficients with the 

m toe step (b)^t is possible to employ ametoo^ spectrum envelope thereof contain pu^ components and 

the spectrum envelope of the residual " WfH^tf in the a PP eax 85 hig>energy spikes relative to the overall power, 

current frame is quantized so that the predicted residual Since the pitch conrponents last for a relatively a long time, 

envelope is toe closest to the above-said spectrum envelope, 15 spikes remain at the same posmocis over a plurality of 

and »n imVr indicating tH* ffflttffriitfr n if* frflfput as part <rf frames; hence, the power of the residual coefficients has high 

the coded output In this sr*ctnrm envelope of inter-frame correlation. According to toe present invention, 

the residual coefficients in the current frame and the quan- since the redundancy of the residual coefficients is removed 

tized spectrum envelope of at least one past frame are through utilization of the correlation between the amplitude 

linearly combined using predetermined prediction 30 or envelope of the residual cc<fficieiits cf toe r>a^ frame and 

coefficients, then the above-mentioned quantized spectrum the current one, that is, since the spikes are removed to 

envelope is determined so that the finearly combined value produce the fine structure coefficients of an envelope flat- 

becc^nes the dosest to me spectra tened more man that of the residual coefficients, high 

coefficients of toe cuirem frame, and the efficiency quantization can be achieved. Furthermore, even 

value at that time is used as the predicted residual. 25 if the input acoustic signal certains a pluraUty of pitch 

coefficients envel^^ components, no problem wfll occur because the pitch com- 

envelope of toe cmrent frame* and the predicted residual- pcie^are separated in the frequency dornain. 

coefficients envelope of the past frame are linearly «p«««u u mc i^qucucy wmun. 

combined, then toe above-said quantifltri spectrum envelope BRIEF DESCRIPTION OF THE DRAWINGS 

fa dftternrinftd aft *h*t foe linearly cAmHnfd "M 1 ^ ht w mnt ^ 

the closest to the spectrum envelope of the residual coeffi- FIG. 1 is a block diagram showing a conventional coder 

dents in the current frame, and the resulting linearly com- °* tv P e flattens toe frequency characteristics of an 

bined value at that time is used as the predicted residual- m l mi s *8 nal through use of scaling factors; 

coefficients envelope. FIG. 2 is a block diagram showing another oonventional 

In the above-described coding method, a lapped orthogo- ^ coder of toe type that flattens the frequency characteristics of 

nal transform scheme may also be used to transform toe an input signal by a linear predictive coding analysis filter; 

input acoustic signal to the frequency-domain coefficients. FIG. 3 is a block diagram illustrating examples of a coder 

In such an instance, it is preferable to obtain, as toe eavdope and a decoder embodying toe coding and decoding methods 

of the freqiiency-dotxiain coefficients, the spectrum ampli- of the present invention: 

tude of linear prediction coefficients obtained by the Unear ^ FIG. 4A shows an example of toe waveform of frequency- 

prediction analysis of toe input acoustic signal and use toe domain coefficients obtained in an MDCT part 16 in FIG. 3; 

envdope to iwrmalize the frequency-ctornain coefficients. fig. 4b shows an example of a spectrum envdope 

The coded acc^stic signal decoding m £o an LTC spectrum envelope calculation part 21 

the present invention comprises: a step (a) wherein fine in FIG. 3; 

ttructurc coefficients an J^* 1 *^ 45 FEG. 4C shows an example of residual coefficients cal- 

uon index are ^normalized using a residual-coefficients culated in a fl«">^ £ part 22 in FIG 3" 

envdope synthesized oo the basis of information about past — Ari r~7r*~. - . . ' , 

^ ^ , JIJL ,, tJJ ^ Jj1 ^rZZ FKj. 4D shows an example of residual coefficients cal- 

^£^^££^Z^Z££ ^ in a re^al.**^ envelope cal^oc pan 

thff ^pyd^pft of the frftquffTicy <iiani r^ rfg> w* g «*f the ftri gftmt ^ * 

acoustic signal is reproduced on the basis of the residual 45 shows m cxan 9 >te of ^ structure coefficients 

coefficients obtained in toe steo fal calculated in a resi<hial^>efficicnts envelope flattening part 

The step (a) may include a step (c) of synthesizing toe 

envelope of residual coefficients for the next frame on the HG.SAis a diagram shewing a method of obtaining the 

basis of toe above-inentianed rerxoduced residual coeffi- 55 ^^P 0 frequency characteristics from prediction coef- 

dents. The step (c) may Include: a step (d) of calculating toe ficteuts; 

spectrum envelope of the reproduced residual FIG. SB is a diagram showing another method of obtain- 

and a step (e) of mnmpfying me sp ecU m n envelope of fog foe envelope of frequency characteristics from predic- 

predctermined one or more contiguous past frames by ^n coefficients; 

prediction coefficients to obtain the envelope of the residual «o FIG. 6 is a diagram showing an example of the relation- 
coefficients of toe current frame. smp between a signal sequence and subsequences in vector 

In toe step (b)of reproducing the acc«stfc signal with the quantization; 

envelope of toe frequency characteristics of the original FIG. 7 is a block diagram illustrating an example of a 

acoustic signal, the envelope is added to reproduced residual quantization part 25 in FIG. 3; 

coefficients in the frequency domain or residual signals 65 FIG. 8 is a block diagram illustrating a specific operative 

obtained by transforming the input acoustic signal into toe example of a residualHX*ffirients envelope calculation part 

time domain. 23 (55) in FIG. 3; 
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FIG. 9 is a block diagram illustrating a modified form of ■ A In the method (a), mere "are* the * following three 

the residual-coefficients envelope calculation part 23 (55) approaches to obtaining the spectrum envelope of the input 

depicted in FIG. 8; signaL 

FIG. 10 is a block diagram illustrating a modified form of (c)The linear prediction coefficients of the input signal is 

the residual-coefficients envelope calculation part 23 (55) 5 Fourier-transformed to obtain its spectrum envelope, 
suowa in FIG. 9; (d) In the same manner as ucscn&eu previously with 

FIG. 11 is a block diagram illustrating an example wmch respect to FIG. 1, the rrequency-domain coefficients trans- 

adaptively controls both a window function and prediction formed from the input signal are divided into a plurality of 

coefficients in the residual-cccmoents envelope calculation bands and the scaling factors of the respective bands are 

part 23 (55) shown in FIG. 3; 10 used to obtain the spectrum envelope. 

FIG. 12 is a block diagram illustrating still another (e) Linear prediction coefficients of a time^main signal, 

example of the residual-coefficients envelope calculation obtained by inverse transformation of absolute values of the 

part 23 in FIG. 3; . frequency-domain coefficients transformed from the input 

FIG. 13 is a block diagram illustrating an example of a 15 dgnat, are calc ula t ed, and the linear pre diction coefficients 

residual^oefficients envelope calculation part 55 in the m Fourier^ransf ormed to obtain the spectrum envelope, 
decoder side which corresponds to the residual-coefficients The approaches (c) and (e) are based on the following 

envelope calculation part 23 depicted in FIG. 12; fact. As referred to previously* the linear prediction coeffi- 

FIG, 14 i fr^fr Hf a g ra m in.,^rt« g nrtwr ^hnrfWnt* dents represent the impulse response of an inverse filter that 

of me ccder and decoder accord^ 20 °P ff ^ in J su <* a manner as to flatten the frequency 

„ . ..... « A characteristics of the input signal; hence, the spectrum 

^ ^-g'^lSSffP ******* ^5 J?*"*™ envelope of the linear p^^efficients conelpond to 

ccl 1 ^^ ^ 0110111211011 P"* me spe^ envelope of me in^ 

25 ana S5 in Fiu. 14; spectrum amplitude that is obtained by the Fourier transform 

FIG. 16 is a block diagram illustrating other specific & mc ifr^ prediction coefficients is the reciprocal of the 

operative examples of the residualnx>efficients envelope spectrum envelope of the input signal, 
calculation parts 23 and 55 in FIG. 14; In the present invention the method (a) may be combined 

FIG. 17 is a block diagram ilmstra^ with any of the approaches (c), (d) and (c\ or only the 

a band processing part which approximates a high-order method (b) may be used singly. The FIG. 3 embodiment 

band component of a spectrum envdope to a fixed value in ^ show the case of the combined use of the methods (a) and 

the residual-coefficients envelope calculation part 23; ( C ). in a coder 1* an acoustic signal in digital form is input I 

FIG. 18 is a block diagram showing a partly modified from the in put terminal 11 and is provioed first to a signal} 

form of the coder depicted in FIG. 3; segmentation part 14, wherein an input sequence composed 

yrq 10 i« * hirw* Aingrnm ntrwfratmg n#w mimpt*. of 2N previous samples is extracted every N samples of the 

thff iwW ana rtM> rWvwW wnhrvtying the ending mdhod And 35 input signal, and the extracted input sequence is used as a 

the decoding method of the present invention; frame for LOT (Lapped Orthogonal Transform) processing. 

FIG. 2i is a block diagram illustrating examples of a The frame is provided to a windowing part 15, wherein it is 

coder of me type that obtains a residual signal in the time tallied ^ a window function. The lapped orthogonal 

domain and a decoder correspowfang toeretoT transform is described, for example, in ELS. Matvar, "Signal 

prr *1 u » Mont JiL^rfno „nnrt~r « with Lappe4 Transform" Artcch House. A value 

^^^J^^^F^^^^^^^ W(n) of the window function n-th from zeroth, for instance, 

the construction of the quantoUon part 25 in the embodV , g a$uiily ^ ^ ^ following equation, and this ernbodl- 

mcnts of FIGS. 3, 14, 19 and 2* and meat uses it- 

FIG. 22 is a flowchart showing me procedure for quan- 
tization in the quantization part depicted in FIG. 2L ^ W(.ny*m {(rO"OSy(2N)} (l) 

DESCRIPTK)N OF THE PREFERRED The signal thus multiplied by the window function is fed 

EMBODIMENTS to 811 MDCT (Modified Discrete Cosine Transform) part 16, 

wherein it is transformed to frequency-domain coefficients 

FIG. 3 illustrates in block form a coder !• and a decoder (sample values at respective points on the frequency axis) by 

50 which embody the coding and the de coding method jq N-order modified discrete cosine transform processing 

according to the present invention, respectively, and FIGS. which ^ a kind D f the lapped orthogonal transform; by this, 

4A through 4B show examples of waveforms denoted by A, spectrum amplitudes such as shown in FIG. 4A are obtained. 

B, . . . , E in FIG. 3. Also in me present invention, upon ai the same time, the outfit from the wudowingpart 15 is 

application of an input acoustic signal, residual coefficients fed to an LPC (Linear Predictive Coding) analysis part 16, 

of a flattened envelope are ralmlar nl first so as to reduce the „ wherein it is subjected to a linear jHcdictivc coding analysis 

iiumber of bits necessary for coding the input signal; two to generate P-order prediction coefficient* . . . ,CL.The 

methods such as mentioned below are available therefor. prediction coefficients os* • . . ♦ <V are provided to a 

(a) The input signal is transformed into frequericy-dornain quantization part 18, wherein they are quantized after being 
coefficients, then the spectrum envelope of the input signal transformed to, for instance, LSP parameters or k 
is calculated and the frequency-domain coefficients are 60 parameters, and an index 1^ indicating the spectrum enve- 
rtonnalizcd or flattened wim lope of the prediction parameters is produced. 

the residual confidents. The spectrum envelope of the LPC parameters a©, . . . ? 

(b) The input signal is processed in the time domain by an is calculated in an LPC spectrum envelope calculation 
inverse filter which is controlled by linear prediction coef- part 21. FIG. 4B shows an example of the spectrum envelope 
ficknts to obtain a residual signal which is transformed into 63 thus obtained. Trie spectrum envelope of the LPC coeffi- 
frequency-tomain coefficients to obtain (he residual coeffi- cients is generated by such a method as depicted in FIG. 5 A. 
dents. That is, a 4xN long sample sequence, which is composed of 
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Ff-1 quantized prediction * coefficients (a parameters) - fol- ^ ' for each sample. The psycho^coustic'model technology in 4 * 

lowed by (4xN-P-l) zeros, is subjected to discrete Fourier the MPEG-Audio system is described in ISG/IEC Standards 

processing (fast Fourier transform processing, fox example), IS- 11 172-3. 

men its 2xN order power spectrum is calculated , from which In a signal normalization part 26 the residual coefficients 

odd-number order components of the spectrum are s R(F) of the current frame F, provided from the normalization 

extracted, and their square roots ate ralmlatrd The spec- part 22, are divided fay the predicted raidual-roefficieiit 

trum amplitudes at N points thus obtained represent the envelope E/F) from the residual-coefficients envelope cal- 

icdprocal of the spectrum envelope of the prediction coef- eolation part 23 to obtain fine structure coefficients. The fine 

ficients* structure coefficients of the current frame F are fed to a 

Alternatively, as shown in FIG. SB, a 2xN long sample 10 power normalization part 27, wherein they are normalized 

sequence, which is composed of Pfl quantized prediction by being divided by a normalization gain g(F) which is the 

coefficients (a parameters) followed by (2xN-P-l) zeros* is square root of an average value of their amplitudes or power, 

FFT analyzed and N-order power spectrums of the results of and normalized fine structure coefficients X(F)=(x,, . . . , x^) 

the analysis are ™i™int*A The reciprocal of the spectrum are supplied to a quantization part 25. The normalization 

envelope i-th from zeroth is obtained by averaging the 15 gain g(F) for the power normalization is provided to a power 

square roots of (i+l)th and i-th power spectrums, that is, by de-normalization part 31 for inverse processing of 

interpolation with them, except for fcN-L normalization, while at the same time it is quantized, and an 

In a flattening or normalization part 22, the thus obtained index indicating the quantized gain is outputted from the 

spectrum envelope is used to flatten or normalize the spec- power normalization part 27. 

trum amplitudes from the MDCT part 16 by dividing the 20 En the quantization part 25 the normalized fine structure 
latter by the former for each corresponding sample, and the coefficients X(F) are weighted using the weighting factors W 
result of this, residual coefficients R(F) of the current frame and then vectcc-quairtized; in this example, they are sub- 
F such as shown in FIG. 4C are generated. Incidentally, it is jected to interleave-type weighted vector quantization pro- 
tbe reciprocal of the spectrum envelope (hat is obtained cessing. At first, a sequence of normalized fine structure 
directly by the Fourier transfcim processing cfn^ quantized 25 coefficients x, (pi, . . . , N) and a sequence of weighting 
t*edictioncoen1clcgtsct,asire factors w, (j=l, . . . , NX each composed of N samples, are 
fwtir* tiw nnmnKTutinn pwt Tfi. nr+An nnly tn multiply fhn rearranged by interleaving to M subsequences each cam- 
output from the MDCT part 16 and tte posed of K/M samples. The relationships between i-th 
spectrum envelope calculation part 21 (the reciprocal of the sample values x* f and w*, of k-th subsequences and j-th 
spectrum envelope). In the following description, too, it is 30 sample values x, and w, of the original sequences are 
assumed, for convenience's sake, that the LPC spectrum expressed by the following equation (2) 
envelope calculation part 21 outputs the spectrum envelope. 
Conventionally, the residual coefficient* obtained by a (2) 

metfaoddifl^fr^ That is, they bear a relationship MM-tk, where k=0, 1, . . . 

tized and me index indicating the quantization is sent out: 35 fr . * - TTT ™* f^"*"** ^ f * 

™JTf.™ ™T . ^ 8 y™ 1 ""™ » ™» , M-l and 1=0, 1 (N/M)-l. 

the resWual coeffioato of acou^cri^(^pcech and H G. 6 shows how me sequence of normalized fine 

^J^^ Pa ^ ) J!S^ structure coefficients x- Q=C . . , N) is rearranged to 

fluctuations such as subsequences by the interleave method of Eq, (2)%hen 

In view of this, according to the present mvetnon, an „ ,7. . ZL™ „, ^ 

eavdc^ W A3m }«^™*** • ^.^i^^^^M*^^ 

current frame, predicted on the basis of the residual coeffi- B rr ujr f w f^"7" w T. x ^ 

S^^Kl^T^natfiBiaF to obtain ^^^ T ^r!!f^?w 

i^wmuu « *- T ^rr sample value of a k-th subsequence fine structure coefficient 

fine structure coefficients, which are yiantized. In ^ttas after interleaving be represented by x* me value of a k-th 

embedment, the cod^ob^edl^ « 

iwrmabzatwn are sul^cted to weighted quairfzaton pro- eSScftewSor^ 

cessing which is carried out in such a m«mer^ the higher wS^bmce scale dV)tottev«tequS 

me levdis,the^^ attached to the com- ^n hdSned rj^fo^g^oo? q 

ponen t In a weighting factors caloilation part 24 the spec- U *° LU > U 18 mc K ^ 

trum envelope from the IPC spectrum envelope calculation so <r\m>^wVA*Xw)}f P) 
part 21 and residual-coefficients spectrum Ej^F) from a 

residual-coefficients calculation part 23 are multiplied for where Z is an addition oper a t o r from i=0 to (N/M)-l. A 

each con esp onding sample to obtain w eighting factors w t , search for a code vector C(m*) mat minimizes the distance 

. . . , w y (indicated by a vector W(F))» which are provided scale d*(m) is made for k=l, » . . , M, by which a quantization 

to a quantization part 25. It is also possible to control the 55 index ^ is obtained on the basis of indexes m l , . . . m* of 

weighting factors in accordance with a psyche-acoustic respective code vectors. 

model. In this embodiment, a constant about 0.6 is expo- FIG. 7 illustrates the construction of the quantization part 

nentiated on the weighting factors. Another psycho-acoustic 25 which performs the above-mentioned interleave-type 

control method is one that is employed in the MPEG- Audio weighted vector quantization. A description will be given, 

system; the weighting factors are multiplied by a non- 60 with reference to FIG. 7, of the quantization of the k-th 

logarithmic version of the SN ratio necessary for each subsequence x*. In an interleave part 25A the input fine 

sample obtained using a r^ycho-acoustic modcL With this structure coefficients x y and the weighting factors w y 0=1, . 

method, the tniwiwinm SN ratio at which noise can be . . , N) are rearranged as expressed by Eq. (2), and k-th 

detected psycho-acoustically for each frequency sample is subsequences x*, and w*, are provided to a subtraction part 

calculated on mebasis ofmefrequeiKycharsrteri 65 25B and a squaring part 25E, respectively. The difference 

input signal by estimating the amount of masking through between an element sequence c*(m) of a vector C(m) 

use of the psycho-acoustic modeL This SN ratio is needed selected from a codebook 2SC and the fine structure coef- 
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firierit subsequence x*, is calculated in the subtraction part * tion pah 39 so that the power average of one -frame (N 

25B, and the difference is squared by a squaring part 25D. points) becomes one, whereby the ultimate predicted 

On the other hand, the weighting factor subsequence w*, is residual-coefficients envelope E*(F) of the current frame F 

squared by the squaring part 25B, and the inner product of (which will hereinafter be referred to merely as a residual- 

the outputs from me both squaring parts 25E and 25D is 5 coefficients envelope, too) is obtained. 

ir^i-t.-H. *- « t--tsr ~~h*r+ «dculst£ea pari 25F. Is as The residual-coefficient envelope E-(F) thus obtained 



UUMUaiM* All UU I Ml 1* il 

optimum code search part 25G the codebook 25C is has, as shown in FIG. 4D, for example, unipolar impulses at 
searched for the vector C(m*) mat minimize s the inner the positions corresponding to high-intensity pitch compo- 
product value d*„ and an index m* is outputted which nents contained in the residual coefficients R(F) from the 
indicates the vector C(ra*) that minimizes the inner product 10 normalization part 22 depicted in FIG. 4C In audio signals, 
value d*| since there is no appreciable difference in the frequency 
In this way, the gnanrtyjNt subsequence C(m) which is an position between pitch components in adjacent frames, it is 
element sequence forming M vectors C(m l ), Cjm 2 ), . . . , possible, by dividing the input residual-coefficient signal 
C(m"), obtained by quantization in the quantization part 25, R(F) by the residual-coefficients envelope E*(F) in the 
is rearranged to the original sequence of quantized normal- 15 resid^<c<fficients signal normalization part 26, to sup- 
ized fine structure coefficients in the de-normaHwttion part press the pitch component levels, and consequently, flue 
31 following Eq. (2), and the quantized normalized fine structure coefficients composed principally of random corn- 
structure coefficients are de- normalized (inverse processing ponents as shown in FIG. 4E are obtained. The fine structure 
of nftrmft»«tfi>n) ™fth *hft nnfiMHrarinn gain g(F) obtained coefficients thus produced by the normalization are pro- 
in the power normalization part 27 and, furthermore, they 20 cessed in the power normalization part 27 and the quanti- 
are multiplied by the residual-coefficients envelope from the zation part 25 in this order, from which the normalization 
residual-coefficients envelope calculation part 23, whereby gain g(F) and the quantized subsequence vector C(m) are 
quantized residual coefficients R_(F) are regenerated. The provided to the power de-normall ration part 31. In the 
envelope of the quantized residual coefficients is calculated power de-normalization part 31, the quantized subsequence 
in the residual-coefficients envelope calculation part 23* 25 vector C(m) is fed to a reproduction part 31A, wherein it is 
Referring now to FIG. 8, a specific operative example of rearranged to reproduce quantized formalized fine structure 
^residual-coefficients envelope calculation part 23 will be coefficients XJF). The reproduced output from the repro- 
described. In this example, the residual-coefficients R(F) of auction part 31A is fed to a multiplier 31B, wherein it is 
the current frame F, inputted into the iesidual-cccffidents multiplied by the residual-coefficient envelope Er(F) of the 
normalization part 26, is nrnnmH^A with the residual- 30 current frame F to reproduce the quantized residual coeffi- 
coefflckntB envelope B^F) which is synthesized in the dents R^(F). In the current frame F the thus reproduced 
residual-coefficients envelope calculation part 23 on the quantized residual coefficients (the reproduced residual 
basis of prediction coefficients P X (F-1) through p 4 (F-l) coefficients) RJF) are provided to a spectrum amplitude 
<WrmJn«»H »«n g warfrfnal ftnrffir^K K(B-t) th* immft. calculation part 32 of the residual-coefficients envelope 
diatelyrttecedmgfraineF-l.Alu^ 35 calculation part 23. 

the residual-coefficients envelope calculation part 23 The s p fxl mm am pl itu de calculation part 32 c alc ula t es the 

comprises, in mis example, four cascade-connected one- spectrum amplitudes of N samples of the reproduced quan- 

frame delay stages 35 x to 35 4 , mumpftiers 36\ to 36 4 which tized residual coefficients R g (F) from the power 

mulnpry the outputs E 4 to from the delay stages 35 x to de-normalization part 31. In a window function convolution 

35 4 by the prediction coefficients ^ to p 4 , respectively, and 40 part 33 a frequency window function is convoluted to the N 

an adder 34 which adds corresponding samples of all calculated spectrum amplitudes to produce the amplitude 

multiplied outputs and outputs the added results as a com- envelope of the reproduced residual coefficients RJ[F) of the 

Dined residual-coefficients envelope B„ W (F) (N samples). In current frame, that is, the residual-coefficients envelope 

the current frame F the delay stages 35 t to 35 4 yield, as their E(FX which is fed to the linear cornhination part 37. In the 

outputs B L (F) to J3«(F). residual-coefficients spectrum enve- 45 spectrum amplitude calculation part 32, absolute values of 

lopes E(F-1) to E(F-4) measured in previous frames (F-l) respective samples of the reproduced residual coefficients 

to (IM), respectively; the prediction coefficients p 4 to p 4 are R 9 (F), for example, are provided as the spectrum 

set to values p t (F- 1) to fi 4 (F-l) determined in the previous amplitudes, or square roots of the sums of squared values of 

frame (F-l). Accordingly, the output E R m from the adder 34 respective samples of the reproduced residual coefficients 

in the current frame is expressed by the following equation. 50 R^(F) and squared values of the corresponding samples of 

g ^ff^^x^iw-i* ^iwm^ r«"wal coefficients RJF-1) of the ^mediately previous 

V#,(F-iWF-i>^(P-i)E(F-2^ . . . fnme (pui) are provided as the spectrum amplitudes. The 

In the FIG. 8 example, the output E** from the adder 34 spectrum amplitudes may also be provided in logarithmic 

is provided to a constant addition part 38. wherein the same form. The window function in the convolution part 33 has a 

constant is added to each sample to obtain a predicted 55 width of 3 to 9 samples and may be shaped as a triangular, 

residual-coefficient envelope E*. The reason for the addition Hamming, Harming or exponential window, besides it may 

of die constant in the constant addition part 38 is to limit the be made adaptivcly variable. In the case of using die 

effect of a possible severe error in the prediction of the exponential window, letting g denote a r*edeterniined inte- 

predtcted residual-coefficients envelope E* that is provided ger equal to or greater than 1 , the window function may be 

as the output from the adder 34. The constant that is added 60 denned by the following equation, for instance, 

in the constant addition part 38 is set to such a value that is ^ . a -iai fc-U 

the averag e power of one frame of the output from the adder ; ~* 8 

34 multiplied by 0.05, far instance; when the average where 3=0.5, for example. The width of the window in the 

amplitude of the predicted residual^oefficients envelope E* case of the above equation is 2gt-l. By convolution of the 

provided from the adder 34 is 1024, the above-mentioned 65 window function, the sample value at each point on the 

constant is set to 50 or so. The output E* from the constant frequency axis is transformed to a value influenced by g 

addition part 38 is normalized, as required, in a norrnaliza- sample values adjoining it in the positive direction and g 
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-sample values adjoining it -in the negative direction. This 
prevents that the effect of the prediction of the residual- 
coefficients envelope in the residual<oefficients envelope 
calculation part 23 from becoming too sensitive. Hence, it is 
possible to suppress the generation of an abnormal sound in 
the decoded sound. When the width of the window exceeds 
12 samples, fluctuations by pitch components in the 
residual-coefficients envelope become unclear or 
disappear— this is not preferable. 

The spectrum envelope E(F) generated by the convolution 
of the window function is provided as a spectrum envelope 
Bd(F) of the current frame to the linear combination part 37 
and to a prediction coffflrient calculation part 44 as weU. 
The prediction coefficient calculation part 40 is supplied 
with meinputE^tomelineucomHnati« 
oiitpirtsB 1 =E(F-l)toE 4 =E(F^ 

to 35 4 and adaptivcly determines the prediction coefficients 

p A (P) to p 4 (P) in fiueh a manner aa in minimi™ a square error 

of the output Ej^from the adder 34 relative to the spectrum 
envelope E^jCF) as win be described later on. After this, the 
delay stages 35 x to 35 4 take thereinto spectrum envelopes Bo 
to Bj provided thereto, respectively, and output them as 
updated sprrtnim envelopes 1^ to E*, terminating the pro- 
cessing cycle for one frame. On the basis of the output (the 
combined or composite res^dnwl-4tiffflk'ients envelope) Eg* 
provided from the adder 34 as described above, predicted 
rcsidual-codfkienls envelope E„(FH) for residual coeffi- 
cients R(Ff 1) of the next frame (Ff 1) are piwi^ in the 
same fashion as described above. 

The prediction coefficients & to can be calculated in 
such a way as mentfoard below. In 110. S the prediction 
order is the four-order, but in this cauuimleh fa made Q-order 
for generalization purpose. Let q represent a given integer 
that satisfies a condition l£q£Q and let the value of a 
raxdicaon coefficient at a q-th stage be r epr esente d by p^. 
Further* let prediction coefficients (multiplication 
coefficients) for the multipliers 36 t to36 0 (Q-4) be repre- 
sented by . . . , (3^ the coefficient sequence of the q-th 
stage output by a vector^ the outputs from the delay stages 



10 



part 23 shown in FIG. 8, the residual coefficients R(F) from 
the normal i7atinn part 22 are normalized by the residual- 
coefficients envelope E^F) estimated from the residual 
coefficients of the previous frames, and consequently, the 
normalized fine structure coefficients have an envelope 
flatter than that of the residual coefficients RTF). Hence, the 
number of bits for their quantization can be reduced accord- 
ingly. Moreover, since the residual coefficients R(F) are 
normalized by the residual-coefficients envelope B*(F) pre- 
dicted on the basis of the spectrum envelope E(F) generated 
by convoluting the window function to the spectrum- 
amplitude sequence of the residual coefficients in the win- 
dow function convolution part 33, no severe prediction error 
will occur even if the estimation of the residW-coeffidents 
envelope is displaced about one sample in the direction of 
15 the frequency axis relative to, for example, high-intensity 
pulses that appear at positions corresponding to pitch com- 
ponents in me residual coefficients R(F). When the window 
function convolution is not used, an estimation error will 
cause severe prediction errors. 

In FIG. 3, the coder 10 outputs the index ^ representing 
the quantized values of the linear prediction coefficients, the 
index lp indicating the quantized value of the power nor- 
malizatfnn gain g(F) of the fine structure coeflicients and the 
index inrifraring the quantized values of the fine structure 
coefficients. 

The indexes L, 1^ and I„, are input into a decoder 50. In 
a decoding part 51 the normalized fine structure coefficients 
3yF) are decoded from the todexJ^ and ma normalization 
gain decoding part 52 the rjonnalization gam g(n is decoded 
from the qnanrlratiftn index Tn « pnrar ^imm^HTflriftn 
part 53 the decoded normalized fine structure coefficients 
X(F) are de-nonnalizedby the decoded normalization gain 
g(F) to fine stracturc coefficients. In a de-normauVation part 
54 the fine structure coefficients are abnormalized by being 
muluplied by a icddoal-cccfncients envelope E* provided 
from a residual-cx>effident8 calculation part 55, whereby the 
residual coefficients KJF) are reproduced. 

On the other hand, the index \ is provided to an LPC 
sjttctrum decoding part 56, whereto it fa decoded to generate 



20 



35 



rme£*ti£^^ 40 * C Knear predictio^codB^ a* to*^, from whkh meir 

^residual-c^^ current frame) B(F) spectrum envelope is calculated by me same method as that 

of the spectrum envelope from the window function con- USC( x fa the spectrum envelope calculation part 21 in the 
wtatk>nr>art33byavect« coder In a deHtormaUzation part 57 ^regenerated 

Rowing simultaneous linear equations (5) for to £ Q resio^ coefficients]^ from tte 
toougb use of a cross correUtton fiinction r wmch fa given * m o^KXinalized r?^bdng multiplied by the calculated 
by the following equation (4X it is possible to obtain the 



prediction coefficients & to $q that minftn^ the square 
error (a rxedicnon error) of the output BV from the adder 34 
relative to the spectrum envelope Eq(F). 



(5) 



53 



The previous frames that are referred to in the linear 
combination part 37 are not limited specifically to the four 
preceding frames but the immrriiatcly preceding frame alone 
or more preceding ones may also be used; hence^n^ Dumber 
Q of the delay stages may be an arbitrary number equal to 
or greater than one. 

As described above, according to the coding rncthod 
employing the lesion-coefficients envelope calculation 



60 



63 



spectrum envelope, whereby the frequency-domain coeffi- 
cients are reproduced. In an IMDCT (Inverse Modified 
Discrete Cosine Transform) part 58 the frequency-domain 
coefficients are transformed to a 2N-sample time-domain 
signal (hereinafter i c f err ed to as an Inverse LOT processing 
frame) by being subjected to N-order inverse modified 
discrete cosine transform processing for each frame. In a 
windowing part 59 the time-domain signal is multiplied 
every frame by a window function of such a shape as 
expressed by Eq. (1). The output from the windowing part 
59 is provided to a frame overlapping part 61, wherein 
former N samples of the 2N-sample long current frame for 
inverse LOT processing and latter N samples of the preced- 
ing frame are added to each other, and the resulting N 
samples are provided as a reraoduccd acoustic signal of the 
current frame to an output terminal 91. 

In the above, the values P, N and M can freely be set to 
about 60, 512 and about 64, respectively, but it fa necessary 
that they satisfy a condition F+1<N*4. While in the above 
embodiment the Dumber M, into which the normalized fine 
structure coefficients are divided for their interleaved vector 
quantization as mentioned with reference to FIG. 6, has been 
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described to be chosen such that the value N/M is an integer; 
the number M need not always be set to such a value. When 
the value N/M is not an integer, every subsequence needs 
only to be lengthened by one sample to compensate for the 
shortage of samples. 

FIG. 9 illustrates a modified form of the residual- 
coeffidents envelope calculation part 23 (55) shown in FIG. 
& In FIG. 9 the parts corresponding to those in FIG. 8 are 
denoted by the same reference numerals. In FIG. 9, the 
output from the window function convolution part 33 is fed 
to an average calculation part 41, wherein the average of the 
output over 10 frames, for example, is calculated for each 
sample position or the average of one-frame output is 
calculated for each frame, that is, a DC component is 
detected. The result is subtracted by subtracter 42 from the 
output of the window function convolution part 33, men 
only the resulting fluctuation of the spectrum envelope is fed 
to the delay stage 35 x and the output from the average 
calculation part 41 is added by an adder 43 to the output 
from the adder 34. The prediction coefficients fa to fa; arc 
determined so that the output E*" from the adder 34 comes 
as close to the output from the subtracter 42 as possible. 
The prediction coefficients fa to can be detennined using 
Eqs. (4) and (5) as in the above-described example. The 
configuration of FIG. 9 predicts only the fluctuations of the 
spectrum envelope, and hence provides increased prediction 
efficiency* 

FEG. 10 illustrates a modification of the FIG. 9 example. 
In FIG. It, an «npKtndft detection part 44 calculates the 
square root of an average value of squares (Le», a standard 



ingly. The correlation coefficient r^j may be calculated as 
expvssrA by Eq. (4), but it becomes more stable when 
calculated by a method in which inner products of coefficient 
vectors and E^ spaced j frames apart are added over the 
range from i*0 to n^^ as expressed by the following 
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where I is a summation operator from i=0 to n*^ and S is 
a constant for averaging use, where S*Q. The value n liiAX 
may be 5-1 or (S-j-1) as welL the Ixvinson-Durbin 
algorithm is described in detail in Saito and Nakada, 'The 
Foundations of Speech Information Processing" (Ohm- 
sha). 

In the FIG. 10 example, an average value of absolute 
values of the respective samples may be used instead of 
calculating the standard deviation in the amplitude detection 
part 44 

In the calculation of the prediction coefficients fa to (5 fl in 
the examples of FIGS. 8 and 9, the correlation coefficients 
t tJ can also be calculated by the following equation: 



(8) 



where £ is a summation operator from n=0 to &majc and S is 
a constant for averaging use, where S5Q. The value n^^ 
may be S-l or S-^j-1 as welL With this method, when S is 
sufficiently greater than Q, an approximation t^oj can be 
made and Eq. (5) for calculating the prediction coefficients 



which are provided from the subtracter 42 in FIG. 9, and* 
then the standard deviation is used in a divider 45 to divide 
the output from the subtracter 42 to iwmaifaft it and the 
resulting fluctuatkin-flattened sp ectr um envelope Eq is sup- 
plied to me delay stage 35 t and the prediction coefficients 
calculation part 40 the latter of which determines the pre- 
diction coefficients fa tof^ according to Eqs. (4) and (5) so 
mat the output Bj," from the adder 34 becomes as close as 
possible to the output E<, from the divider 45: The output E R ~ 
from the adder 34 is applied to a multiplier 46, wherein it is 
deformalized by being multiplied by the standard deviation 
which is the output from the ampHmde detection part 44, and 
the de-normalized output is provided to the adder 43 to 
obtain the residual-coefficients envelope E*(F). In the 
example of FIG. 19, Eq. (5) for calculating the prediction 
coefficients fa to p fl in the FIG. 8 example can be approxi- 
mated as expressed by the following equation (6> 
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fast by using the Levinson-Durbin algorithm. 

While in the above the prediction coefficients fa to for 
the residual-coefficients envelope in the residW-coefficients 
envelope calculation part 23 (55) are simultaneously detcr- 
35 mined over the entire band, it is also possible to use a 
method by which the input to the lesidual-coenicients enve- 
lope calculation part 23 (55) is divided into subbands and the 
prediction coefficients are set independently for each sub- 
band. In this case, the input can be divided into subbands 
40 with equal bandwidth in a linear, logarithmic or Bark scale. 
With a view to lessening the influence of prediction errors 
in the prediction coefficients (3, to p fl in the residual- 
coefficients envelope calculation part 23 (55), the width or 
center of the window in the window function convolution 
45 part 33 may be changed; in some cases* the shape of the 
window can be changed. Furthermore, the convolution of 
the window function and the linear combination by the 
prediction coefficients fa to p^may also be performed at the 
same time; as shown in FIG. 1L In this example, the 
50 prediction order Q is 4 and the window width T is 3. Hie 
outputs from the delay stages 35 t to 35 4 are applied to 
shifters 7 pl to 7^ each of which shifts the input mereto one 
sample in the positive direction along (he frequency axis and 
shifters 7 Ml to 7^ each of which shifts the input mereto one 
55 sample in the negative direction along the frequency axis. 
The outputs from the positive shifters 7- 4 to 7^ are provided 
to the adder 34 via miiltipliers 8 x to 8^ respectively, and 
the outputs from the negative shifters 7 ni to 7^ are fed to the 
adder 34 via rniimphers % pl to respectively. Letting 



where: tf=r or That is, since the power of the spectrum 
envelope which is fed to the linear combination part 37 is 
normalized, diagonal elements r M , ... in the first term 

on the left-hand side of Eq. (5) become equal to each other 60 multiplication coefficients of the multipliers 36 x , 8 Nl , 8, 



and li/^jf Since the matrix in Eq. (6) is theToeplitz type, 
mis equation can be solved fast by a Levinson-Durbin 
algorithm. In the examples of FIGS. 8 and 9, QxQ correla- 
tion coefficients need to be calculated, whereas in the 
example of FIG. 10 only Q correlation coefficients need to 
be raH ilwt ff^ hence the amount of calculation for obtaining 
the prediction coefficients fa to fl^ can be reduced accord- 



63 



3****2.%>* • fa, fa, fa* fa, fa, 

fa,...<>fa (u=12 in this example), respectively, their input 
spectrum envelope vectors by Ej, E^ E^, E*, . . . , E*, 
respectively, and the output from the spectrum amplitude 
calculation part 23 by Eq, the prediction coefficients fa to fa 
that minimm the square error of the output E R from the 
adder 34 relative to the output Eq from the spectrum ampli- 
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tude calculation part 32 can be ' obtained by solving the 
following linear equation (10) in the prediction coefficient 
calculation part 40. 
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The output E* from the adder 34* which is provided on the 15 
basis of the thus determined prediction coefficients p A to 
is added with a constant, if necessary, and normalized to the 
residual-coefficients envelope EjfF) of the current frame as 
In the example of FIG. ft, and the residual-coefficients 
envelope E*(F) is used for the envelope normalization of the 20 
residual coefficients R(F) in the residual^neffkients enve- 
lope normalization part 26. Such adaptation of the window 
function can be used in the embodiments of FIGS. 9 and 10 
as welL 

In the embodiments of FIGS. 3 and 8 through U, the 25 
residual coefficients R(F) of the current frame F, fed to tfae 
normalfrarfon part 26, have been described to be normalized 
by the predicted residual^oeffidents envelope B„(F) gen- 
erated using the prediction coefficients Pj(F— 1) to pg(F— 1) 
(or ftj determined in the iesidual<oefficients envelope 90 
calculation part 23 on the basis of the residual coefficients 
R(F-1) of me immediately preceding frame F-l. It is also 
possible to use a construction in which the prediction 
coefficients ^(F) to (Jj(F) in the case of FIG. 11 but 
represented by p 0 in the following description) for me 35 
current frame are determined in the r«sidual<oeffidents 
envelope calculation part 23* the composite residual- 
coefficients envelope E m *(JF) is calculated by the following 
equation 

and the resulting predicted residual-coefficients envelope 
Eg(F) is used to normalize the residual coefficients R(F) of 
die current frame F. In mis instance, as indicated by the 
broken line in FIG. 3, the residual coefficients R(F) of the 45 
current frame are provided directly fi twn the i F*^Tb/*^f^**? 
part 22 to (he residual-coefficients envelope calculation part 
23 wherein they are used to determine the prediction coef- 
ficients 9i fc> $0- Thi* method is applicable to the residual- 
coefficients envelope calculation part 23 in all tfae embodi- 50 
meats of FIGS. 8 through 11; FIG. 12 shows the construction 
of the part 23 embodying this method in the HG. 8 example. 

In FIG. 12 the parts corresponding to those in FIG. 8 are 
identified by thft *mfne reference numerals. This example 
differs from the FIG. 8 example in mat another pair of 55 
spectrum amplitude calculation part 32T and window func- 
tion convolution part 33* is provided in the residual- 
coefficients envelope calculation part 23. The residual coef- 
ficients R(F) of the current frame F are fed directly to the 
spectrum amplitude calculation part 32T to calculate their 60 
spectrum amplitude envelope; into wruch is convoluted with 
a window function in the window function convolution part 
33' to obtain a spectrum en velope E* Q (FX which is provided 
to the prediction coefficient calculation part 40. Hence, the 
srxctrum envelope E</F) of the current frame F, obtained 65 
from the reproduced residual coefficients ILcV), is fed only 
to the first delay stage 35 x of the linear combination part 37. 



- At first, the input residual coefficients 1^ of me curfenr 

frame F, fed from the normalization part 22 (see FIG. 3) to 
the residual-coefficients envelope normalization part 26, are 
also provided to the pair of the spectrum amplitude calcu- 
lation part 32' and the window function convolution part 33, 
wherein they are subjected to the same processing as in the 
pair of the spectrum amplitude calculation part 32 and the 
window function convolution part 33; by this, the spectrum 
envelope E'^fF) of the residual coefficients R(F) is generated 
and it is fed to the prediction coefficient calculation part 40. 
As in the case of FIG. 8, the prediction coefficient calcula- 
tion part 40 uses Eqs. (4) and (5) to calculate the prediction 
coefficients fa to (£, that mfnfrnfrr the square error of the 
output Eg" from the adder 34 relative to tfae coefficient 
vector E f 0 . The thus determined prediction coefficients f$ t to 
(5 4 are provided to the multipliers 36 t to 36 4 and the resulting 
output from the adder 34 is obtained as the composite 
residual-coefficients envelope E X "(F) of the current frame. 

As in the case of FIG. 8, die composite residual- 
coefficients envelope B/ is similarly subjected to process- 
ing in the constant addition part 38 and the normalization 
part 39, as required, and is then provided as the residual- 
coefficients envelope E*(F) of the current frame to the 
residual-coefficient signal normalization part 26, wherein it 
is used to normalize the input residual coefficients R(F) of 
the current frame F to obtain the fine structure coefficients. 
As described previously with r e fer ence to FIG. 3, the fine 
structure coefficients are power-normalized in the power 
normalization part 27 and subjected to me weighted vector 
quantization processing; the quantization index of the 
normalization gain in tfae power normalization part 27 and 
the quantization index in the quantization part 25 are sup- 
plied to the decoder 50. On the other hand, the interleave 
type weighted vectors C(m) outputted from the quantization 
part 25 are rearranged and de-normalized by the normaliza- 
tion gain g(F) in the power de-nonrialization part 31. The 
resulting reproduced residual coefficients R^F) are provided 
to the spectrum amplitude calculation part 32 in the residual- 
coefficients envelope calculation part 23, wherein spectrum 
amplitudes at N sample points are calculated In the window 
function convolution part 33 the window function is con- 
voluted into the residual-coefficients amplitudes to obtain 
the residual-coefficients envelope EJJ*). This spectrum 
envelope E^d 3 ) is fed as the input coefficient vectors E 0 of 
the current frame F to the linear combination part 37. The 
delay stages 35 t to 35 4 take thereinto the spectrum enve- 
lopes Eq to £3, respectively, and output them as updated 
spectrum envelopes E t to E 4 . Thus, tfae processing cycle for 
one frame is completed 

In the FIG. 12 embodiment, the prediction coefficients pj 
to p 4 are determined on the basis of the residual coefficients 
R(F) of the current frame F and these prediction coefficients 
are used to synthesize the predicted residual-coefficients 
envelope E*(F) of the current frame. In the decoder 50 
shown in FIG. 3, however; the reproduced residual coeffi- 
cients Rg(F) of the current frame are to be generated in the 
residual envelope de-normalization part 54, using the fine 
structure coefficients of the current frame from the power 
de-normalization part 53 and the residual-coefficients enve- 
lope of the current frame from the residual-coefficients 
envelope calculation part 55; hence, me residual-coefficients 
envelope calculation part 55 is not supplied with the residual 
coefficients R(F) of the current frame for determining the 
prediction coefficients Pi to £ 4 of the current frame. 
Therefore, the prediction coefficients fa to p 4 cannot be 
determined using Eqs. (4) and (5). When the coder 10 
employs the residual-coefficients envelope calculation part 
23 of the type shown in FIG. 12, the prediction coefficients 
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fa toft'of fce'^ ~ simriiried; for example/in ^: 8T Ac* adto34» tfre delay " 

coefficient calculation part 40 of the coder 10 side, are stages 35 2 to 35 4 and the multipliers 36^ to 36 4 are omitted, 

quantized and me quantization indexes I* are provided to the the output from the multiplier 36 A is applied directly to the 

rcddual-coefficients envelope calculation part 55 of the constant addition part 38, and the residual-coefficients enve- 

decoder 50 side, wherein the residual-coefficients envelope 3 ]ope Ep(F) is estimated from me spectrum envelope E A =E 

cf the current Same is c al gg ta fr* using the prediction (jt-i) 0 f me preceding frame F=! dene, This modificsiion 

coefficients fa to fa decoded from the indexes | s applicable to the example of FIG. 10, in which case only 

That is, as shown in FIG. 13 which is a block diagram of the outputs from the multipliers 36 l9 S Dl and 8^ are supplied 

the residual-coefficients envelope calculation part 55 of the to ^ Q a( ^ er 34 

*coder50, the quaim^fion indexes Vrf the PJ^n 1Q m ftc examplc8 ^ mGS 3 ^ g_ 12 Ae 

^o^fcai^ r^-coeffidem envelope bydetermuiing 

cfalmearc«mMna^ prediction so that the composite reddud-coeffiaent enve- 

(LtoflLaremiilt^edbythec^ 15 lope E/ comes as close to me spectrum envelope E(F) as 

to 65 4 , respectively, and the imritiptied outputs are added by possible which is calculated on the basis of the input 

an adder 67 to synthesize the residual-coefficient envelope reproduced residual coefficients lyT) or residual coeffi- 

Eg. As in me case of the coder 10, the thus synthesized dents R(F). A desertion will be given, with reference to 

resid^-cc<fficients envelope E* is processed in a constant FIGS. 14, 15 and 16, of embodiments which determine the 

addition part 68 and a normalization part 69, thereafter being 20 residual-coefficients envdope without involving such linear 

provided as the leddual-coeffidents envdope Ej(F) of the prediction processing. 

current frame to the de-normalization part 54. In the FIG. 14 is a block diagram corresponding to FIG. 3, 
re sJriiw VwpBrfMtitg +nw>icf+ /V^-nnrmaHrftrinn part <d the which showsthc entire constructions of the coder 10 and the 
fine structure coefficients of the current frame from the decoder 56, and the connections to the residual- coefficients 
pnnwr /W -nnwngHMrtn n part «ft htw TnntHpHwH hy the mhtws. 75 envdope calculation part 23 correspond to the connection 
said residual-coefficients envdope Ejj(F) to obtain thercpro- indicated by the broken line in FIG. 3. Accordingly, there is 
duccdresidod coefficients I<g(F)^ not provided the same de-normalization part 31 as in me 
are provided to a spectrum amplitude calculation part 63 and FIG. 12 embodiment Unlike in FIGS. 3 and 12, the residual- 
the de-normalization part 57 (FIG. 3). In the spectrum coefficients envdope calculation part 23 quantizes the spec- 
amplitude calculation part 63 and a window function con- 30 trum envdope of the input residual coefficients R(F) so that 
volution part 64 the reproduced residual coefficients R^(F) the reaidual-coefflrfents envelope B K to be obtained by linear 
are subjected to the same processing as in the corresponding combination approaches the spectrum envelope as much as 
parts of the coder 10, by which the spectrum envdope of the possible; the linearly combined output Eg is used as the 
residual coefficients is generated, and the spectrum envelope residual-coefficients envdope Bjff) and the quantization 
is red to the linear cennbination part 62. Accordingly, the 35 index Jq at that time is fed to the decoder 50. The decoder 
residual-coefficients envelope calculation part 55 of the 50 decodes the input spectrum envdope quantization index 
decoder 50, corresponding to the residtalKHefficients enrve- Igin the residunl-coeffidents envelope calculation part 55 to 
lope calculation part 23 shown in FIG. 12, has no prediction reproduce the spectrum envdor^E^, which is provided to 
coefficient calculation part The quantization of the predic- the d>-normalization part 54. The processing in each of the 
tfon coefficients in the prediction coefficient calculation part 40 other parts is the same as in FIG. 3, and hence will not be 
40 in FIG. 12 can be achieved, for example, by an LSP described again. 

quantization method which transforms the predictioo coef- FIG. 15 illustrates examples of the residud<ocfficients 
ficients to LSP paiame t ers and then subjecting them to envdope calculation parts 23 and 55 of the coder 10 and the 
quantization processing such as inter-frame difference vec- decoder 50 in the FIG. 14 embodiment The residual- 
tor quantization. 49 coefficients envelope calculation part 23 comprises: the 

In the residualrcoefficients envdope calculation parts 23 spectrum amplitude calculation part 32 which is supplied 
shown in FIGS. 8-10 and 12, the multiplication coefficients with the residual coefficients R(F) and calculates the spec- 
fa to fa of the multipliers 36 t to 36 4 may be prefixed trum amplitudes at the N sample points; me window ftmc- 
according to the degree of contribution of the residual- tion convolution part 33 which convolutes the window 
coefficient spectrum envdopes B x to E*. of one to four 50 function into the N-point spectrum amplitudes to obtain the 
preceding frames to the composite residual-coeffidents spectrum envelope E(F); the quantization part 30 which 
envdope E* which is the output of the current frame from quantizes the spectrum envdope E(F); and the linear com- 
the adder 34; for example, the older the frame, the smaller conation part 37 which is supplied with the quantized 
the weight (miihipKratton coefficient). Alternatively, the spectrum envelope as quantized spectrum envdope coeffi- 
samewdghttt«mthisexainple,mjybeus 55 dents B^, for linear combination with quantized spectrum 
value of samples of four frames may also be used. When the envdope coefficients of preceding frames. The linear corn- 
coefficients fa to p 4 are fixed in this way, the prediction bdnation part 37 has about the same construction as in the 
™^ffi n ynr r»ir«ifltinn part AM u nnn*r*gg«ry which ron- FIG. 12 example; it is made up of the delay stages 35 1 to35 4 , 
ducts the calculations of Bqs. (4) and (5). In mis case, the the multipliers 36 t to 36 4 and the adder 34. In this 
residual-cceffidcnts envelope calculation part 55 of the 60 embodiment, the result of a multiplication of the input 
decoder 50 may also use the same coefficients fa to fa as quantized spectrum envdope coefficients of the current 
those in the coder 10, and consequently, mere is no need of frame by a prediction coefficient ft> in a multiplier 36q as 
transferring the coefficients fa to fa to the decoder 50. Also well as tbe results of multiplications of quantized spectrum 
in the example of FIG. 11, the coeffidents fa to fa may be envdope coeffidents B gl to E^ of first to fourth previous 
fixed. 65 frames by prediction coeffidents fa to fa are combined by 

The cccfiguratioiis of the residual-coefficients envdope the adder 34, from which the added output is provided as the 

calculation parts 23 shown in FIGS. 8-10 and 12 can be predicted residual-coefficients envelope E^CF). The predic- 
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: ticn coefficients* |V to are predetermined' values/ The - 50-order components E^(F) centering' abbut a'samplc point " 
quantization part 39 quantizes the a pecti um envelope E(F) about % of the entire band up from the lowest order (the 
so that the square error of the residual-coefficients envelope lowest frequency), a band of higher-order components 
Ejc(F) from the input spectrum envelope E(F) becomes E^/F) and a band of lower-order components ErfF). The 
minimum. The quantized spectrum envelope coefficients E^, 5 higher-order band components B^/F) are supplied to an 
mus obiainou i* pfovlucu to uic liiicaT coiiibujotiou part 37 averaging psrt 47B, whercis their spectrum amplitudes are 
and the quantization index Jq is fed to the residual- average and the higher-order band components Eh(F) are all 
coefficients envelope calculation part 55 of the decoder. replaced with the average value, whereas the lower-order 
The decoding part 69 of the residual-coefficients envelope band components E^(F) are outputted intact The intenne- 
calcubtion part 55 decodes the quantized spectrum envelope 10 diate band components E^(F) are fed to a merging part 47C, 
coefficients of the current frame from the input quantization wherein the spectrum amplitudes are subjected to linear 
index Iq. The linear combination part 42, which is composed variation so that the spectrum amplitudes at the highest and 
of the delay stages 65 t to 65 4 , the multipliers 6^>to66 4 and lowest ends of the intermediate band merge into me average 
the adder 67 as is the case with the coder 19 side, linearly value calculated in the averaging part 47B and the highest- 
combines the quantized spectrum envelope coefficients of 15 order spectrum «mpifhwi» of the lower-order hand, respec- 
me current frame from the decoding part 69 and quantized trvely. That is* since the high-frequency components do not 
spectrum envelope coefficients of previous frames from the appreciably vary, the spectrum amplitudes in the higher- 
delay stages 65 A to 65 4 . The adder 67 outputs the thus order band are approximated to a fixed value, an average 
combined residual-coefficients envelope Bg(F), which is fed value in this example. 

to the de~nnrma1l7»tinn patt 3i_ Tn th* mnltipfarr* iw^tnm 4 20 In the residual-coefficients envelope calculation part 23 in 
there are set the same coefficients % to fa as those on the the examples of FIGS. 8-12, plural sets of preferable 
coder 19 side. The q ua n tization in the quantization part of prediction coefficients p t to fl« (or PJ corresponding to a 
the coder 19 may be a scalar quantization or a vector one as plurality of typical states of an input acoustic signal may be 
well. In the latter case, it is possible to employ the vector prepared in a codebook as coefficient vectors corr es ponding 
quantization of the interleaved coefficient sequence as 25 to indexes. In accordance with every particular state of the 
described previously with respect to FK}. 7. input acoustic signal, the coem^nte are sele<trvtxy read out 

FIG. 16 illustrates a modified form of the FIG. 15 of (he codebook so that the best prediction of the residual- 
embodiment, in which the parts corresponding to those in coffflrfrots envelope can be made, and the index indicating 
the latter are identified by the same reference numerals. This the coefficient vector is transferred to the residual- 
embodiment is common to the FIG. 15 cmbwliment in that so coefficients envelope calculation part 55 of the decoder 56. 
the quantization part 39 quantizes the spectrum envelope In the linear r*edictk>n model which predicts the residual- 
E(F) so mat the square error of the predicted residual- coefficients envelope of the current frame from those of the 
coefficients envelope (the output from me adder 34) BjfF) previous frames as in the emrxriiments of FIGS. 8-11, a 
from the spectrum envelope E(F) becomes mlnimnm, but parameter k is used to check: the safety of the system. Also 
differs in the construction of the linear combination part 37. 35 in the present invention, provision can be made for provid- 
That is, the rroik^rcsidualHxxffideirts envelope E^(F) is ing increased safety of the system. For example, each 
input into the cascad&connected delay stages 38 t through prediction coefficient is trarisf ormed to the k parameter, and 
35 4 , which otrtpirt predicted rtridu^ when its absolute value is close to or greater than 1.0, the 

Efl(F-l) through B*(F-4) of first through fourth preceding parameter is forcibly set to a predetermined coefficient, or 
frames, respectively. Furthermore, the quantized spectrum 40 the residual-coefficients envelope generating scheme is 
envelope EJF) from the quantization part 39 is provided changed from the one in FIG. 8 to the one in FIG. 9, or the 
directly to the adder 34. Thus, the linear combfaatic* part 37 re^idnal-coeffictents en vdope is diange4 to a predetermined 
linearly combines me predicted residual-coefficients enve- one (a flat signal without roughness, for instance), 
lopes E^F-l) through B*(F-4) of the first through fourth In the einbodiments of FIGS. 3 and 14, the coder 19 
preceding frames and the quantized envctope coefficie n ts of 43 calculates the prediction corffirients through utilization of 
the current frame F and outputs the predicted residual- the auto-correlation coefficients of the input acoustic signal 
cc<fficients envelope Ej^F) of the current frame, The linear from the windowing part 15 when making the linear pre- 
combination part 62 of me decoder 59 side is similarly dictive coding analysis in the LPC analysis part 17. Yet it is 
constructed, which regenerates the iesidual-cc<ffitients also possible to employ such a construction as shown in FIG. 
envelope of the current frame by linearly combining the 50 18. An absolute value of each sample' (spectrum) of the 
composite residual-coefficients envelopes of the preceding frequency-domain coefficients obtained in the MDCT part 
frames and the reproduced quantized envelope coefficients 1 < raimiatiM in an »hgnfiit*» vniw mimi^ rm pn*t fti t*^ n 
of the current frame. Che absolute value output is provided to an inverse Fourier 

m each of the residual-coefficients envelope calculation transform part 82, wherein it is subjected to inverse Fourier 
part 23 of the examples of FIGS. 8-12, 15 and 16, it is also 55 transform processing to obtain autocorrelation functions, 
possible to provide a band rapocessing part, in which each which are subjected to the linear 
spectrum envelope from the window function convolution in the LPC analysis part 17. In this instance, there is no need 
part 33 is divided into a plurality of bands and a spectrum of calculating the correlation prior to the analysis, 
envelope section fee a Mgber-ord^ In the embodiments of FIGS. 3 and 14, the coder 19 

flu ctuatioris is approximated to a flat envelope of a constant 60 quantizes the linear prediction coefficients Oq to ^ of the 
amplitude. FIG. 17 illustrates an example of such a band input signal, then subjects the quantized prediction coeffi- 
proccssing part 47 which is interposed between the convo- dents to Fourier transfer rraxssing to obtain the spectrum 
lution part 33 and the delay part 35 in FIG. 8, for instancy envelope (the envelope of the frequency characteristics) of 
In mis example, the output B(F) from the window function the input signal and normalizes the frequency characteristics 
convolution part 33 is input into the band processing part 47, 63 of the input signal by its envelope to obtain the residual 
wherein it is divided by a dividing part 47A into, for coefficients. The index Jj, of the quantized prediction cocf- 
example, a narrow intermediate band of aprmximatery ficients is transferred to the decoder, wherein the linear 
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prediction coefficients Oq to ^ are decoded from the index '• *In the embodiments of FIGS. 3, 14, 19 and 20, the 1 

Jp and are used to obtain the envelope of the frequency quantization part 25 may be constructed as shown in FIG. j 

characteristics. Yet it is also possible to utilize such a 21, in which case the quantization is performed following ] 

construction as shown in FIG. 19, in which the parts the procedure shown in FIG. 22. At first, in a scalar/ 

corresponding to those in FIG. 3 are identified by the same 5 quantization part 25A, the normalized fine structure coeffi-f 

reference numerals. The frequency-domain coefficients from dents X(F) from the power normalization part 27 (see FIG./ 

the MDCT part 16 are also supplied to a scaling factor 3 for example) are scalar-quantized with a predetermin 

calculation/quantization part 19, wherein the frequency- m«rimiiin qnyntf7 fll ^ n «*rp * fi pmvidgrf from a qu 

domain coefficients are divided into a plurality of subbands, tization step control part 25D (SI in FIG. 22). Next, an a 

then an average or maximum one of absolute samples values of the quantized fine structure coefficients X^(F) from thd 

for each subband is calculated as a scaling factor, which is input one X(F) is calculated in an error calculation part 25B 1 

qmmtfzMi and its index I^ is sent to the decoder 5t. In the (S2). The error that is used in this case is, for example, a I 

normalization part 22 the frequency-domain coefficients weighted square error utilizing the weighting factors W. In! 

from the MDCT part arc divided by the scaling factors for a quantization loop control part 25C a check is made to seel 

the respective corresponding subbands to obtain the residual if the miantization error is smaller than a predeternnned 

coefficients R(F), which are provided to the normalization 15 value mat is psycno-acousticalry pernussible (S3). If the | 

part 22. Furtherrnore,in the weighting factor calculation part quantization error is smaller man the predetermined value, 

24, the scaling factors and the samples in the corresponding the quantized fine structure coefficients X^(F) and an index 

subbands of the residual-ooefficients envelope from the I*. representing it are outputted and an index I p representing 

residual-coefficients envelope calculation part 23 are multi- the quantization step used is outputted from the quantization 

plied by each other to obtain weighting factors W (w,, . . . 20 step control part 25D, with which the quantization process- 

, w N ), whkh are provided to the quantization part 25. In the ing terminates. When it is judged in step S3 that the 

decoder 50, me scaliiuj factors are decoded from me inputted quantization error is larger than the predetermined value, the 

index Ig in a scaling factor decoding part 71 and in the quantization loop control part 25C makes a check to see if 

de-normalization part 57 the reproduced residual coeffi- the number of bits used for the quantized fine structure 

dents are multiplied by the decoded seating factors to 25 coefficients X_(F) is in excess of the minimum allowable 

reproduce the frequency -domain coefficients, which are pro- number of bits(S4>. If not, the quantization loop control part 

While in the above thereridual coefficients are obtained amtg ^ quantizatioil step control part 25D to furnish the 

forWthe resid^l signal to residual coefficients in the fre- fine structure coefficients X(F). Thereafter, the same proce- 

quency domain. As flmstrated in FIG. 20 wherein the parts ^ b repeated When the number of tats u sed* larger than 

corresponding to those in FIG. 3 are identified by the same the maximum allowable number in step S4, the quantized 

reference numerals, the input acoustic signal from the input 35 fine structure coefficients X^(F) and its index 1^, by the 

terminal n is subjected to the linear predictioQ coding previous loop are outputted together with the quantization 

»n»lyd« in rt^iPT aiMtlydapufft 17 thwi thi» twuiltitig linear step index Ip> with which the quantization processing ter- 

prediction coefficients % to (L are quantized in the quanti- inmates. 

zation part 18 and the qnanl1?cd linear prediction coeffi- lb the decoding part 51 of the decoder 50 corresponding 

riexits are setk an iirverse filta 40 to me quantization part 25 (see FIGS. 3, 14, 19 and 20), the 

is applied to the inverse filter 2ft, which yields a time- quantization index 1^ and the quantization step index Ij> are 

domain residual signal of flattened frequency characteristics. provided, on the basis of which uedecodftg part 51 decodes 

The residual signal is applied to a DOT part 29, wherein it the normalized fine structure coefficients, 

is transformed by discrete cosine transfompioeessingtome As described above, according to the present invention, a 

frequency-domain residual coefficients R(F), which are red as high inter-frame correlation in the frequency-domain 

to the noraalization part 26. On the other hand, the quan- residual coefficients, which appear in an input signal con- 

tized linear prediction coefneients are provided from the taining pitch components, is used to normalize the envelope 

quantization part 18 to a spectrum envelope calculation part of the residual coefficients to obtain fine structure coeffi- 

21, which calculates and provides the envelope of the ctents of a flattened envelope, which are quantized; hence, 

frequency characteristics of the input signal to the weighting so high quantization efficiency can be achieved. Even if a 

factor calculation part 24. The omer processing m me coder plurality of pitch components are contained, no problem will 

It is the same as in the FIG. 3 embodiment. occur because they are separated in the frequency domain. 

In the decoder 56, the reproduced residual coefficients Furmermore, the envelope of the residual coefficients is 
Rg(F) from the de-nosmalization part 54 are provided to an adaptively determined, and hence is variable with the ten- 
inverse cosine transform part 72, wherein they are trans- as dency of change of the pitch components, 
formed by inverse discrete cosine transform rxocessing to a In the embodiment in which the input acoustic signal is 
time-domain residual signal, which is applied to a synthesis transformed to the frequency-domain coefficients through 
filter 73. On the other hand, the index L inputted from the utilization of the lapped orthogonal trartsfbrm scheme such 
codfr l n is fed a derating part 74, wncrrin it *foy<*y*t as MDST and the frequency-domain coefficients are 
to the linear prediction coefficients a© to ou which are set 60 normalized, in the frequency domain, by the spectrum 
as filter coefficients of the synthesis filter 73. The residual envelope obtained from the linear prediction coefficients of 
signal is applied from the inverse cosine transform part 72 the acoustic signal (ie. the envelope of the frequency 
to the synthesis filter 73, which synthesizes and provides an characteristics of me Input acoustic signal), it is possible to 
acoustic signal to the output terminal 91 In the FIG. 20 irnpleincnt high efficiency flattening of the frequency- 
embodiment it is preferable to use the DCT scheme rather 65 domain coefficients without generating inter-frame noise, 
than the MDCT one for the time-to-frequency transforms In the case of coding and decoding various music sources 
ton. through use of the residual-coefficients envelope calculation 
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* part 23 in L HG "IS under the cxmdiriohs that P=60; N^S12,' current frame as said target and 'the* thus' determliied opti-~ 

M=64 and Q=2. that the amount of information for quan- mum control is applied to the linear combination of said 

tizing the linear prediction coefficients Oq to Op and the predicted residual-coefficients envelope in the current con- 

normahzation gain is set to a large value and that me fine troL 

structure coefficients are vector-quantized with an amount of 5 7. Hie coding method of claim 5 or 6, wherein said linear 

informatfou of 2 Uts/sample, the segmental SN ratio is ccssbins&cn in said step (g) is a. process of zsuhtplyiag the 

improved about 5 dB on an average and about 10 dB at the spectrum envelopes of said reproduced residual coefficients 

maximum as compared with that in the case of coding and of said previous frames by prediction coefficients, 

decoding the music sources without using the residual- respectively, and adding the multiplied results to obtain said 

coefficients envelope calculation parts 23 and 55. Besides, it to predicted reddual- coefficients envelope, and said step (h) 

is possible to produce more natural high-pitch sounds includes a process of determining said prediction coeffi- 

psycho-acc«sticalry. dents so that said added result approaches said target 

It will be apparent that many modifications and variations B. The coding method of claim 7, wherein said step (h) 

may be effected without departing from the scope of the includes a step (i) of outputting, as another part of said coded 

novel concepts of the present invention, 15 output, index information representing quantization of said 

What is claimed is: prediction coefficients when said target for determining said 

1. An acoustic signal transform coding method which prediction coefficients is the spectrum envelope of said 

transforms an input acoustic signal to frequency^tanain residual coefficients of the current frame* 

coefficients and encodes them to produce coded output, said 9. The coding method of claim 7„ wherein said linear 

method comprising the steps of: 20 combination in said step (g) includes generating a first 

(a) obtaining residual coefficients having a flattened enve- sample group and a second sample group displaced at least 
lope of the frequency characteristics of said input one sample on the frequency aids from a sample group of 
acoustic signal on a frame-by-frame basis; each of said previous frames in the positive and the negative 

(b) predictiiig the envdope of sa^ direction, respectively, multiplying said first and second 
the current frame on the basis of said residual coeffi- 25 sample groups by prediction coefficients and adding all the 
dents of the current or previous frame to produce a multiplied results together with the prediction coeffidents- 
jwdirti^ ^friii»i. ^- ffirjart« mvrkrr; mult iplied results for said previous frames to obtain said 

(c) nebulizing said residual coefficients of the current predicted residiial^oefficients envelope. 

frame by said predicted rtsidual^oeffidents eovdope ^ . ^ ^ST^il^ * fH 8 ** 

to produce fii^ structure coefficient; and 30 n*te**P®<* 

(d) quantizing said fine str^ & i^^^^^^^Z^^^^i 

nne structure coefficients as part of said cooed output. *^ .. mnllJ - ,-„„,„♦ r . < ^ 

sxe v s ^ ^ said spectrum envelope of the current frame and providing 

(e) de-normalizing said quantized fine structure coeffi- the subtracted results as said spectrum envelope to said step 
dents by said predicted residual-coeffldents envelope (g), and wherein said step (g) includes a step (1) of adding 
of die current frame to generate reproduced residual said averap; values or said average valu e to the res ult of said 
coe&acats; 40 linear combiiiation and calculating said predicted residual- 

(f) processing said reproduced residual coefficients to coefficients envelope from said added result 

produce their spectrum envelope; and U. The codiiig method of claim 10, wherein said step (f) 

(g) synthesizing said predicted reriduat-coeffidents enve- indudes: a step (m) of calculating the intraframe average 
lope for residual coefficients of the next frame on the amplitude of said subtracted result obtained in said step (k); 
basis of said spectnim eavdope. 45 and a step (n) of dividing said subtracted result in said step 

3. The coding method of claim 2, wherein said step (g) (k) by the average amplitude of said subtracted result in said 
includes synthesizing said predicted rcaidual-coetficients step (m) and providing the divided result as said spectrum 
envelope by linear combination of the spectrum envelopes envelope to said step (g), and wherein said step (g) includes 
of said reproduced residual coefficients of a rtfedetermined a step(o) of multiplying the result of said linear combination 
one or more contiguous frames preceding the current frame. 50 by the average amplitude of said subtracted result in said 

4. The coding method of claim 3, wherein said step (b) step (m) and providing the multiplied result as the result of 
includes a step (h) of controlling said linear combination of said linear combination to said step (1). 

said spectrum envelopes of said previous frames so that said 12. The coding method of daim 3, wherein said step (I) 

predicted residual-coefficients envdope, which is synme- includes convolndng a window function into said spectrum 

sized on the basis of the spectrum envelopes of said repro- 33 envelope of said reproduced residual coefficients and said 

duced residual Coefficients Of Said previous frames* step (g) inrinrfga p e rf or mi ng Ktifcar rnmKiimtirm hy nmwg Hw> 

approaches the envelope of said residual coefficients of the convoluted result as said spectrum envelope. 

current frame as a target 13. The coding method of claim 3, wherein said step (g) 

5. The coding method of daim 4, wherein optimum includes adding a predetermined constant to the result of 
control of said linear combination is determined aiming at 60 said linear combination to obtain said predicted residual- 
the spectrum envelope of said reproduced residual coeffi- coefficients envelope. 

dents of the current frame as said target and the thus 14. The coding method of claim 4. wherein control of said 

determined optimum control is applied to said linear com- linear combination in said step (h) includes segmenting die 

bination in the next frame. target frequency-domain coefficients and the spectrum enve- 

6. The coding method of daim 4, wherein cptimum 65 lope of said reproduced residual coefficients into pluralities 
control of said linear combination is determined aiming at of suboands, respectively, and processing them for each 
the spectrum envdope of said residual coeffidents of the subband. 
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15. The coding method of daim 1, wherein said step (b) * obtain a residual signal and transforming said residual signal 
indudes quantizing said spectrum envelope of said residual to frequemy-domain coeffidents to obtain said residual 
coefficients of the current frame so that said predicted coeffidents. 

residual-coefficients envdope comes as dose to said spec- 23. The coding method of daim 22, wherein a process of 

trum envelope as possible, and outputting index information 5 obtaining said residual signal includes controlling said 

representative of me qutwuzatiua a* another pert of said Averse fllter by providing thereto, as said linear prediction 

coded output coeffidents, quantized linear prediction coefficients obtained 

16. The coding method of daim 15, wherein said step (b) by quantizing said linear prediction coeffidents and output- 
tndudes linearly combining said quantized spectrum enve- ting indexes representative of said quantized linear predic- 
lope of the current frame and a quantized spectrum envdope 10 tion coeffidents as another part of said coded output 

of a past frame through use of pedetennined prediction The coding method of claim 18 or 19, wherein a 

rrcffidrnts, determining said g»«ntiyd spectrum* so mat process of transforming said input acoustic signal to the 

the linearty combined envelope comes as dose as possible freq^ncy-domain coeffidents includes subjecting said input 

to said spectrum envdope, and obtaining said linear com- acoustic signal to lapped orthogonal transform processing on 

bined envelope at mat time as said predicted residual- 15 a frame-by-fxame basis. 

coefficients envelope. 25. An acoustic signal decoding method for decoding an 

17. The coding method of claim 15, wherein said step (b) acoustic signal coded after being transformed to frequency- 
indudes linearly combining a quantized spectrum envdope domain coeffidents of a predetennined plurality of samples 
cf the current frame and said predicted residualcocfflcients for each frame, said method conmrising: 

envdope of a past frame* **»**«™t"*ng said quantized spec- 20 (a) a step wherein fine structure coefficients decoded from 

uiimcnvetopesothatthel^ input first quantization index information are 

as dose to said y^n«n envelope as possible, and obtaining de-normalized by the envelope of residual coefficients 

said linearly combined value at that time as said predicted predicted from information about a past frame, 

residualrcoefficients envdope. whereby reproduced residual coefficients in the current 

18. The codmgmetlwd of daim h wlierein said step (a) 25 frame are obtained; and 

indudes transforming said input acoustic signal to (b) a step wherein an acoustic signal added with the 

frequency-domain coefficients, subjecting said input acous- envelope of the frequency characteristics of said coded 

tic gi gnal to a linear rnrdiction coding analysis for each acoustic signal is regenerated from said reproduced 

frame Co obtain linear prediction coefficients, transforming residual coefficients obtained in said step (a)i 

said linear prediction coefficients to fxcqococy-doniain coef- 30 26. Hie decoding method of claim 25, wherein said step 

fidents to obtain the spectrum envdopeofsaM input acous- (a) includes a step (c) of synthesizing the envdope of said 

tic signal and normalizing said frequency^main coeffi- residual coefficients for a next frame on the basis of said 

cients of said input acoustic signal by said spectrum reproduced residual coeffidents. 

envdope to obtain said residual coefficients. 27. The decoding method of claim 26, wherein said step 

19. The coding methcxi of daim 1, wherein said step (a) 35 (c) indudes: a step (d) of calculating the spectrum envelope 
includes transforming said input acoustic signal to of said reproduced residual coeffidents; and a step (e) 
frequency-domain coefficients, inversely transforming the wherein said spectrum envdope of predetermined one or 
spectrum envdope of said frequency-domain coeffidents more contiguous past frames {receding the current frame is 
into a time-domain signal, fff^j^^g said time-domain multiplied by prediction coefficients to obtain the envelope 
signal to a linear prediction coding analysis to obtain linear 40 of said residual coeffidents of the current frame by linear 
prediction coefficients, tiansfbrming said linear prediction combination. 

coeffidents to frequency-domain coeffidents to obtain the 28. The decoding method of daim 27, wherein said step 

spectrum envelope of said input acoustic signal and normal- (e) includes a step (f) of adaptivefy controlling said linear 

izing the frequency-domain coefficients of said input acous- combination so that said reddual-coeffident envdope 

tic signal by said spectrum envdope to obtain said residual 45 obtained by said linear combination comes as close to the 

coeffidents. envelope of said reproduced residual coefficients in the 

20. The coding method of daim 18 or 19, wherein a current frame as possible. 

process of transforming said linear prediction coefficients to 29. The decoding method of claim 28, wherein control of 

the frequency-domain coefficients includes quantizing said said linear combination in said step (f) is effected for each 

linear prediction coeffiriexrts to obtain quantized linear pre- 50 of a plurality of subbands into which the spectrum envdope 

diction coeffidents, transforrning said quantized linear pre- of said residual coefficients is divided, 

diction coefficients as said linear prediction coefficients to 3*. The decoding method of daim 27, wherein said step 

said frequency-domain coefficients and outputting index (d) Includes: a step (g) of calculating, over the current and 

information representative of said quantized linear predlc- past plural frames, average values of corresponding samples 

tion coeffidents as another part of said coded output 55 of said spectrum envdope obtained from said reproduced 

ZL The coding method of daim 1, wherein said step (a) residual coefficients, or calculating an average value of the 

indudes transforming said input acoustic signal to samples in the current frame; and a step (h) of subtracting 

frequency-domain coefficients, dividing said frequency- said average values or average value from said spectrum 

domain coefficients into a plurality of subbands, **i«ii<itfag envelope of the current frame and providing the subtracted 

scaling factors of said subbands and normalizing the «o result as said sr^ctrum envdope to said step (e), and wherein 

frequency-domain coefficients of said input acoustic signal said step (e) includes a step (1) of adding said average values 

by said scaling factors to obtain said residual coefficients. or average value to the result of said linear combination to 

22. The coding method of claim 1, wherein said step (a) obtain said predicted residual coefficients, 

includes subjecting said input acoustic signal to a linear 3L The decoding method of daim 30, wherein said step 

prediction coding analysis to obtain linear prediction 65 (c) indudes: a step (j) of calculating an mtra-frame average 

coefficients, applying said input acoustic signal to an inverse amplitude of said subtracted result obtained in said step (h); 

filter controlled by said linear prediction coefficients to a step (k) of dividing the subtracted result in said step (h) by 
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c - said average amplfnidr aiidrxovidlnjg the d^ signal as Envelope infcnnation of said fxeo^ency ~ 

said spectrum envelope to said step (e), and wherein said characteristics from said second index, obtaining the eave- 

step (e) includes a step (1) of multiplying the result of said lope of the frequency characteristics of said acoustic signal 

linear combination by the average amplitude of said sub- from said reproduced linear prediction coefficients, 

tracted result and providing the multiplied result as the result 5 deformalizing said reproduced residual coefficients in said 

^t^^^^^fJ 6 ^ 5 ^^ ^ > _ sti* (a) by the envdope 

£ « *; » said acoustic signal to obtain said trequency-ooniain 

or 31, wterean said step(d) inducks «>nvolu^aw^ coefficients, and transforrung said r^ueiS^main coef- 

function into the spectrum envelope of said reproduced _ *i„ , . . 7 . 

residual cceffidents!lnd said step£) includes ^rming to to a tim ^ d0mam ^ to obtain said acoustic 

said linear combination by using the convoluted result as S *??*, ¥ - . „ ^ - r , . ^ . . 

said spectrum envelope. * ^ of claun 39. wherein a process 

33. Thedecodmgnidhodofa^ of obtaining the envelope of said frequency characteristics 
or 31, wherein said linear combination in said step (e) subjecting said linear prediction coefficients to 
includes producing a first sample group and a second sample 15 Faur ^ cr transform processing and obtaining the resulting 
group displaced at least one sample on the frequency axis spectrum amplitude as the envelope of said frequency char- 
from a sample group of each of said past frames in the acteristics. 

posidve and the negative direction respectively, multiplying 4L The decoding method of claim 38, wherein said step 
said first and second sample groups by prediction coef!- (b) inc lu d es - transforming said reproduced residual coeffi- 
cients and adding all the multiplied results together with the 20 dents in said step (a) to a lime-domain residual g* g"*i; 
prediction cofffiriem-irmltiplicd results for said past frames decoding linear prediction coefficients of said acoustic sig- 
to obtain said predicted resichial-coeffkients envelope. nal as envelope formation of said frequency characteristics 

34. The decoding method of any one of daim 27, 28, 30 from inputted second quantization index information; and 
or 31, wherein said step (e) includes adding a rjcedetoTninrd Tr j wrwWf ffg c«jh ammrip dgn«i hy nty^ng fifl M ^Mimi 
constant to the result of said linear combination to obtain 25 signal to inverse niter processing through use of said linear 
said residual-coefficients envelope, prediction coefficients as filter coefficients. 

, *-™f <tecodIn 8 line^of cto^wherdnsaidstep 42, The decoding method of daim 38, wherein said step 

(c) incudes: a step (e) of calculating the spectrum envelope w iadadeg ^ re^eed residual coefflcieats in 

of said refiriaBcedreadual cccfficien^ and a step(e) of said step (a) into a plurality of subbands, decoding from an 

by said prediction ^efficients by inputted third Z'™**". information of 

(niantizah^iiidexM ^t^^S ^^^^^^ ^o- 

results to obtain the envdope of saidre^doced resid^ <mccd myta * coeffidents of the respective subbands by 

coefficients of the current frame. js 8aid scaling factors corresponding thereto to obtain 

36. The ^^Vng method of Hatm 25, wherein said frequency-domain coefficients added with the envelope of 
reproduced residual-cofffidents envelope in said step (a) is said frequency characteristics, and transforming said 
obtained by linearly ccaubining quantized y *n m i envo- frequency-domain coeffldents to a time-domain signal to 
lopes of c mi e nt and past faflw "fr^i nr d by inverse quan- reproduce said acoustic signal* 

taxation of index information sent from the coding side. 40 43. The decoding method of claim 39, wherein the trans- 

37. The decoding method of daim 25, wherein said formation of said frequency-domain coefficients to said 
reproduced residuakcoeffidents envelope in said step (a) is tunenlomain signal is performed by inverse lapped crthogo- 
obtained by Unearty combining a synthesized residual- nal transform. 

coefficients envdope in a past frame and a quantized spec- 44 The <t***wKng method of claim 38, wherein said step 

tram envelope of the current frame obtained by inverse 49 (b) tiy*t»H^ providing said reproduced residual coefficients 

quantization of index information sent from the cooing side. with an envelope of said frequency characteristics based on 

- 38. The decoding method of any one of claim 25, 26, 35, the envdope information to produce frequency domain 

or 36, wherein said step (b) i n clud es: inversely T^'+^'ng coefficients, and tranafbrming said frequency domain coef- 

inputted second quantization index information to decode fidents into the time domain signal to be obtained as the 

envdope information of the frequency characteristics of said so reproduced acoustic sign*) 

acoustic signal; and reproducing said acoustic signal pro- 45. The decoding method of ckim 44, wherein the trans- 

vided with the envelope of said frequency characteristics on formation of said frequency domain coefficients to said time 

the basis of the envelope information of said frequency domain signal is performed by inverse lapped orthogonal 

characteristics. transform. 

39. The dertwing method of daim 38, wherein said step 53 

(b) includes: decoding linear prtxfcctioD coefficients of said * * * * * 
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